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SYSTEM FOR SUPPRESSING ACOUSTIC ECHOES 
AND INTERFERENCES IN MULTI-CHANNEL 

AUDIO SYSTEMS 

CLAIM OF PRIORITY 

[0001] The present application claims priority from US. 
Provisional Patent Application Serial No. 60/247,670, 
entitled “Multi-Channel Acoustic Interference and Echo 
Suppressor,” ?led on Nov. 9, 2000. 

BACKGROUND OF THE INVENTION 

[0002] The present invention relates generally to the ?eld 
of digital signal processing and speci?cally to acoustic echo 
canceler systems. 

[0003] Conventional AEC (acoustic echo canceler) sys 
tems for canceling undesired echoes in communication 
systems are Well knoWn. The undesired echoes are a result 
of acoustic coupling Within the communication system. 
FIG. 1A is a block diagram of a communication system 100 
illustrating the problem of acoustic coupling. As shoWn, 
communication system 100 is monaural, consisting essen 
tially of a single loudspeaker 102 and a single microphone 
104. Examples of monaural systems are teleconferencing 
systems, hearing aid systems and hands-free telephony 
systems. 

[0004] Using microphone 104, a user 108 transmits a 
speech signal 106 to a remote location Where it received by 
a remote user (not shoWn). In a similar fashion, sound 
originating from the remote location is transmitted and 
received from loudspeaker 102, Where it is perceived by the 
user. Herein lies the problem of acoustic coupling. When 
speech is transmitted to the remote location, microphone 
104 captures undesired sound emanating from loudspeaker 
102 resulting in transmission of speech 106 as Well as the 
undesired sound. This phenomenon is referred to as acoustic 
coupling. When the undesired sound is a voice stream, the 
sound is transmitted to the remote user Where it is perceived 
as an echo. Other undesired signals such as ambient noise 
Within the room are captured and transmitted With the 
desired signal resulting in a corrupted signal. 

[0005] Anumber of conventional AEC systems have been 
developed to resolve the aforementioned problem. One 
system employs the impulse response of the acoustic cou 
pling and produces a signal for canceling the echo. Another 
system estimates a transfer function for the acoustic path 
betWeen the loudspeaker and the microphone. As shoWn in 
FIG. 1B, the system consists of a ?lter g(t) that is adapted 
to estimate the acoustic path h(t) betWeen loudspeaker 102 
and microphone 104. The loudspeaker signal X(t) is passed 
through ?lter g(t) and the result is subtracted from the 
microphone output y(t) as shoWn in FIG. 1B. The ?lter 
adaptation is done in real time using a recursive algorithm, 
for eXample. In practice, the canceler is adapted only during 
non-speech intervals (s(t)=0). When the receiving room 
becomes the transmitting room, the situation is reversed. 

[0006] While varying degrees of success have been 
achieved by applying this solution to monaural systems, its 
effectiveness relative to stereophonic and multichannel sys 
tems has remained doubtful. As shoWn, FIG. 2 is a block 
diagram of such a multichannel system 200 for enabling a 
user 218 to communicate With a remote user (not shoWn) 
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through a data communication channel (not shoWn). Spe 
ci?cally, system 200 is a desktop environment. Unlike 
monaural systems, system 200 has tWo or more loudspeak 
ers 214, 204 Within the desktop environment. 

[0007] A fundamental reason Why solutions to monaural 
systems are ineffective in multichannel systems is because 
of the “non-uniqueness” problem, Which is the inability to 
isolate the contributions of one signal (undesired) emanating 
from the tWo or more loudspeakers Within a multi-channel 
system. The problem arises because the microphone cap 
tures the sum of the tWo or more signals, each signal arriving 
at the microphone via a different acoustic path, each signal 
being modi?ed by its acoustic path. Therefore, it is difficult 
to obtain the true transfer function for each acoustic path to 
approximate the undesired signal. 

[0008] Other techniques have been proposed to overcome 
the non-uniqueness problem. In one technique, distortion 
(e.g., nonlinearity) is applied to the loudspeaker signals in 
order to de-correlate them and to identify the acoustic paths. 
In an alternate technique employed Within a hands-free 
communication method for a multichannel transmission 
system, a coupling estimator for a single-channel transmis 
sion serves to determine the acoustic coupling betWeen 
loudspeaker and microphone. BetWeen each microphone 
and each loudspeaker, the respective acoustic coupling fac 
tors and the respective coupling factors determined for a 
microphone are Weighted With the short time average of the 
received signal of the loudspeaker associated With the 
respective coupling factor. 

[0009] After, the signals are de-correlated, the estimates of 
the transfer function for each acoustic path is obtained in the 
time domain. Thereafter, an interference signal is estimated 
in the time domain, and cancelled from the microphone 
output signal. The interference signal is typically cancelled 
in a sample-by-sample fashion. Disadvantageously, this pro 
cess employed in conventional multichannel AEC systems, 
typically results in undesirable loss of audio quality. Fur 
thermore, conventional systems are sensitive to misalign 
ment in the acoustic path estimates, and since the interfer 
ence is canceled in sample-by-sample fashion, errors in the 
estimate Will result in poor cancellation. Other factors such 
as changes in ambient conditions typically result in poor 
system performance in conventional AEC systems. 

[0010] Therefore, there is a need to resolve the aforemen 
tioned problems relating to conventional multichannel AEC 
systems. 

SUMMARY OF THE INVENTION 

[0011] A ?rst aspect of the present invention discloses a 
method for suppressing an interference signal from a micro 
phone output signal in order to obtain a clean speech signal. 

[0012] Typically, the interference signal contains loud 
speaker signals that travel through acoustic paths to the 
microphone. The acoustic paths modify the loudspeaker 
signals Which combine to form the interference signal upon 
arrival at the microphone. At this point, interference signal 
combines With the clean speech signal (eg from a user) to 
form the microphone output signal. Therefore, the objective 
is to eXtract the clean speech signal from the microphone 
signal. The method involves the steps of determining an 
acoustic response for each of the acoustic paths, and deter 
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mining an estimate of the interference signal in the fre 
quency domain using the acoustic response for each of the 
acoustic paths. Thereafter, the steps of suppressing the 
estimate of interference signal from the microphone output 
signal to obtain the clean speech signal in the frequency 
domain and translating the clean speech signal into time 
domain are employed. 

[0013] In an alternate aspect, the present invention teaches 
a method for obtaining a clean speech signal in a commu 
nication system. The communication system has a trans 
ducer for receiving the clean speech signal from a user, and 
a set of loudspeakers for providing an output signal to the 
user. The output signal contains loudspeaker signals Which 
interfere With the clean speech signal, the loudspeaker 
signals travel through acoustic paths to reach the transducer. 
The loudspeaker signals and the clean speech signal are part 
of an input signal received by the transducer. 

[0014] To obtain the clean speech signal, the present 
embodiment performs a short-time Fourier transform 
(STFT) on the input signal to obtain at least one frequency 
component, and performs a short-time Fourier transform 
(STFT) on the loudspeaker signals to obtain frequency 
components. The method combines the frequency compo 
nents to obtain an interference sum and then subtracts the 
interference sum from at least one frequency component to 
obtain the clean speech signal for translation into a time 
domain. 

[0015] In a further embodiment, the present invention 
discloses a system for suppressing an interference signal in 
a communication system. The communication system has a 
local microphone for transmitting signals to a remote user 
through a communication channel, and local loudspeakers 
for receiving signals from the remote user via the commu 
nication channel. The microphone receives a microphone 
output signal including a clean speech signal from a local 
user and an interference signal from the loudspeakers. 

[0016] The system contains a ?rst transform module for 
performing a short time Fourier transform (STFT) on the 
?rst loudspeaker signal to obtain a ?rst frequency sub-band 
signal, a second transform module for performing a short 
time Fourier transform (STFT) on the second loudspeaker 
signal to obtain a second frequency sub-band signal and a 
third transform module for performing a short-time Fourier 
transform (STFT) on the microphone output to obtain a third 
frequency sub-band signal. Further, the system contains a 
subtractor module for subtracting the ?rst and second fre 
quency sub-band signals from the third frequency sub-band 
signal to obtain the clean speech signal in the frequency 
domain. An inverse short-time Fourier transform (ISTFT) 
module translates the clean speech signal into a time 
domain. 

[0017] A still further embodiment of the invention dis 
closes an acoustic echo supression method. The method 
includes the steps of receiving an input signal containing 
acoustic echo signals and a clean speech signal, transform 
ing the acoustic echo signals into frequency domain signals, 
and determining a sum of magnitudes for each of the 
frequency domain signals. In addition, the method includes 
the steps of transforming the input signal into a third 
frequency domain signal, and canceling the echo signals by 
generating a difference signal betWeen the sum of the 
magnitudes of the frequency domain signals and the mag 
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nitude of the third frequency domain signal. The difference 
signal is then transformed into a time domain signal to 
obtain the clean speech signal. 

[0018] Advantageously, in contrast to the traditional echo 
suppression systems Where the goal is to cancel the inter 
ference at the sample level, the proposed system suppresses 
the interference in the magnitude frequency domain. There 
fore, the phase and details of the acoustic transfer functions 
need not be knoWn With precision such that small changes in 
the acoustic path characteristics Will not result in poor 
system performance. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0019] FIG. 1A is a block diagram of a communication 
system illustrating the problem of acoustic coupling; 

[0020] FIG. 1B is block diagram of a system having a 
?lter adapted to estimate the acoustic path betWeen a loud 
speaker and a microphone; 

[0021] FIG. 2 is a block diagram of a multichannel system 
that enables a user to communicate With a remote user 

through a data communication channel; 

[0022] FIG. 3 is a block diagram of a multichannel system 
in Which the ?rst embodiment of the present invention is 
employed for suppressing echoes and acoustic interferences; 

[0023] FIG. 4 is a block diagram of a system in accor 
dance With the ?rst embodiment of the present invention, for 
suppressing interference signals and echoes in a multichan 
nel system of FIG. 3; 

[0024] FIG. 5 is a block diagram of a system having a 
frequency channel K, and illustrating the target signal detec 
tor for detecting a target signal (speech) in accordance With 
one embodiment of the present invention; and 

[0025] FIG. 6 are graphs shoWing changes in Weight 
trajectories for shakers utiliZed to resolve the non unique 
ness problem. 

DETAILED DESCRIPTION OF THE DRAWINGS 

[0026] A ?rst embodiment of the present invention dis 
closes a system for suppressing acoustic echoes and inter 
ferences received by a transducer (e. g., a microphone) When 
a user transmits a clean speech signal Within a multichannel 
communication system. The system suppresses the acoustic 
echoes and interference signal from the microphone output 
signal to produce the clean speech signal. The system 
contains modules for performing short-time Fourier trans 
form (STFT) on the acoustic echoes and interference signal 
and the microphone output signal. A subtractor module 
subtracts frequency sub-band signals obtained for the acous 
tic echoes and interference signal from those obtained for 
the microphone output signal to obtain the clean speech 
signal in the frequency domain. 

[0027] Thereafter, the clean speech signal is translated into 
a time domain by the an inverse short-time Fourier trans 
form (ISTFT) module. These and various other aspects of 
the present invention are described With reference to the 
diagrams that folloW. While the present invention Will be 
described With reference to an embodiment for suppressing 
acoustic echoes and interferences, one of ordinary skill in 
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the art Will realize that other embodiments for attaining the 
functionality of the present invention are possible. 

[0028] FIG. 3 is a block diagram of a multi-channel 
system 300 in Which a ?rst embodiment of the present 
invention is employed for suppressing echoes and acoustic 
interferences. Speci?cally, multichannel system 300 is a 
desktop environment comprising a set of loudspeakers 314, 
304 for outputting loudspeaker signals XL(t) and XR(t), and 
a microphone 310 for accepting an input voice stream s(t) 
from a user 312 and for generating an associated micro 
phone output y(t). As used herein the loudspeaker signals 
XL(t) and XR(t) may be signals from other type transducers 
or devices such that the signals are usable as reference 
signals to determine response of the acoustic paths. Micro 
phone output y(t) comprises the sum of loudspeakers signals 
XL(t) and XR(t) modi?ed by their acoustic paths hL(t) and 
hR(t), respectively, in addition to a speech clean input s(t), as 
illustrated in equation 1, beloW. 

[0029] Where y(t) is the microphone output signal, 
XL(t) is the loudspeaker 314 signal, hL(t) is the 
acoustic path betWeen loudspeaker 314 and micro 
phone 310, XR(t) is the loudspeaker 304 signal, hR(t) 
is the acoustic path betWeen loudspeaker 304 and 
microphone 310, and s(t) is the clean speech signal 
from user 312. 

[0030] In operation, user 312 communicates With a remote 
user (not shoWn) by speaking into microphone 310 and 
providing a clean speech signal s(t) to be communicated to 
the remote user. Microphone 310, hoWever, generates a 
microphone output y(t) Which not only includes the clean 
speech signal s(t) but also an interference signal comprising 
both XL(t) and XR(t) modi?ed by their acoustic paths. System 
300 employs an interference and echo suppressor method 
that processes y(t) in order to suppress the interference 
signal and to recover the speech signal s(t) as cleanly as 
possible. The interference and echo suppressor method 
involves a number of steps Which are more fully described 
With reference to FIG. 4. 

[0031] FIG. 4 is a block diagram of a system 400 for 
suppressing interference signals and echoes in the multi 
channel system 300 of FIG. 3. 

[0032] Among other components, system 400 comprises a 
STFT (short-time Fourier transform) module 402 for com 
puting the short time Fourier transform of microphone 
output y(t) to yield a number of frequency sub-band signals 
each having a magnitude 410 and a phase (not shoWn), delay 
modules 412, 414 for synchroniZing loudspeaker signals 
XL(t) and XR(t) With a microphone output signal, STFT 
modules 404, 406 for computing the short-time Fourier 
transform of loudspeaker signals XL(t) and XR(t) to yield a 
number of frequency sub-band signals each having a mag 
nitude and a phase, ?lters 424, 422 for modifying the 
loudspeaker signals according to transfer functions HL)f 
HRf, respectively, an adder 430 for summing the magnitude 
of each of the frequency sub-band signals of the loudspeaker 
signals to obtain a magnitude 428 of the interference signal, 
a subtractor 432 for subtracting the interference signal from 
magnitude 410 of microphone output signal y(t); and an 
ISTFT (inverse short-time Fourier transform) for obtaining 
an inverse short-time Fourier transform of the clean speech 
signal s(t). 
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[0033] In operation, as noted, microphone output y(t) not 
only includes the clean speech signal s(t) but also the 
interference signal comprising both XL(t) and XR(t) modi?ed 
by their acoustic paths. Brie?y, system 400 suppresses the 
interference signal by estimating a magnitude of the short 
time transform of the interference signal, and subtracting the 
magnitude from the short-time magnitude of the microphone 
output signal y(t). After subtraction, the clean speech s(t) is 
estimated in the time-domain speech by an inverse short 
time transform, using the modi?ed short-time magnitude 
and the original short-time phase of microphone output 
signal y(t). Thus the algorithm can be divided into tWo parts, 
one that estimates the magnitude of the interference signal, 
and one that modi?es the microphone output signal based on 
this estimate to derive the clean speech s(t). The process of 
suppression employs a number of steps, namely, (1) system 
initialiZation, (2) system adaptation or calibration, (3) sup 
pression, (4) and resynthesis. 

[0034] System InitialiZation 

[0035] Many hardWare and/or softWare components typi 
cally cause a delay When a signal is passed by the compo 
nents. Hence, the function of the system initialiZation step is 
to estimate a system delay “D” due to either hardWare and/or 
softWare. Delay modules 404 and 406 adjust inputs to 
system 400 according to this delay in order to maintain 
synchrony betWeen the microphone output signal and the 
loudspeaker signals. 

[0036] Adaptation 
[0037] The adaptation step comprises detecting non 
speech intervals With a voice activity detector (VAD), and 
obtaining, as Well as updating, estimates HL)t(t) and HR)f(t). 
of the acoustic coupling using the outputs XL(t) and XR(t) 
from the loudspeakers. This is done during intervals Where 
no input speech (target signal) is present. A voice activity 
detector monitors the presence of these intervals and sends 
control signals to an adaptive algorithm. 

[0038] In one embodiment, the adaptive algorithm is the 
Simpli?ed Recursive Least Squares (SRLS) modi?ed to 
handle the multichannel case. 

[0039] A ?rst embodiment of the VAD (voice activity 
detector) is a target signal detector (TSD). The TSD employs 
a method of detecting the target signal (speech signal), 
Which makes no assumption about the characteristics of the 
signal, and Which relies only on the knoWledge and avail 
ability of the loudspeaker signals. The TSD Will be described 
With reference to FIG. 5. 

[0040] System Calibration 

[0041] In an alternate embodiment, the system may be 
calibrated to generate a ?rst estimate of the acoustic cou 
pling of acoustic paths 308, 316 so that ?lters HL)t(t) and 
HR)t(t) representing the estimate may be computed. The step 
includes generating calibration signals XL(t) and XR(t) 
through loudspeakers 314 and 304 (FIG. 3). In one embodi 
ment, the calibration signals consist of uncorrelated White 
noise sequences delivered simultaneously from each loud 
speaker. After generation, the calibration signals XL(t) and 
XR(t) are directed toWard microphone 310 to produce micro 
phone output y(t). During this step, the user does not speak 
so that s(t)=0. Therefore, microphone output y(t) consists of 
the sum of calibration signals XL(t) and XR(t) as Well as the 
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acoustic responses of their respective acoustic paths. In an 
alternate embodiment, the present invention employs soft 
Ware running on a computing device having a full-duplex 
sound card. 

[0042] The computing device may be a conventional per 
sonal computer or computer Workstation With suf?cient 
memory and processing capability to handle high-level data 
computations. For example, a personal computer having a 
Pentium® III available from Intel® or an AMD-K6® pro 
cessor available from Advanced Micro Devices may be 
employed. Of course, the processing poWer may be obtained 
from a dedicated processor, such as a DSP (Digital Signal 
Processor) or the like. 

[0043] After microphone output y(t) is received, the short 
time transforms of both calibration signals xL(t) and xR(t), 
and the ?lters HL)t(t) and HR)t(t) are computed as folloWs. In 
the absence of speech equation (1) in the short-time fre 
quency domain is Written as: 

Y(IJFXLUJV HL,f(t)+xR(trf)*HR,f(t)> (2) 
[0044] It should be noted that ?lters 424 and 422 
(HR)t(t)) represent the effect of their respective acoustic 
paths. Assuming that each sub-band is independent We can 
estimate these tWo ?lters at each sub-band, separately. Since 
xL(t,f) and xR(t,f) are knoWn and uncorrelated during cali 
bration (by design), the ?lters can be estimated solving a 
least squares problem. To improve robustness to overall 
delay changes and keep the reference signals correctly 
synchroniZed, the ?lters are non-causal, i.e., past and future 
frames are observed to compute the current parameter 
values. The current embodiment examines one frame in the 
past and one in the future to estimate the current value (3 
taps per frequency band). Computing the effects of the 
channel in this Way is advantageous since the subtraction is 
performed in the frequency domain. The calibration step is 
implemented once and its results remain valid so long as 
signi?cant changes to the acoustic paths do not occur. 

[0045] Suppression 
[0046] The suppression step uses the obtained estimate of 
the acoustic coupling to compute an estimate of the short 
time magnitude of the interference at each frame. This 
estimate can be obtained in various Ways, as described 
beloW. Once obtained, the estimate of the interference is 
subtracted from the short-time magnitude of y(t). A 
memory-less nonlinearity is applied prior to subtraction and 
the inverse of this function is applied to the result. There 
after, the step includes clipping the possible negative values 
of the magnitude estimate. A spectral subtraction process is 
applied to suppress the effect of the interference. The 
spectral subtraction process is a Well-knoWn technique and 
need not be discussed in detail. 

[0047] The estimate of the short-time magnitude of the 
interference at each frame interference is obtained by ?lter 
ing the sub-band signals of the loudspeaker signals With the 
estimates HL,f(t) and HR,f(t). After ?ltering, the results are 
either added before or after magnitude computation. These 
tWo estimates have different behaviors. The sum of the 
magnitudes is alWays larger than the magnitude of the sum, 
thus using this estimate Will over-estimate the interference, 
Which leads to more robustness but inferior quality. In the 
current mode of operation, either of the tWo methods may be 
selected, depending on the desired quality and tolerance to 
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residual interference. Generally, spectral subtraction can be 
carried out in a nonlinear domain. After subtraction, the 
inverse nonlinearity is applied to the result. For example, the 
short-time magnitude at the speech estimate Will be com 
puted as 

|5e(lyf)|=|[Y(Lf)]°‘—[5[1%(LDIC‘FW) (3) 

[0048] Where |Se(t,f)| is the normaliZed short-time magni 
tude of the speech, [Y(t,f)]°‘ is the STFT of Y(t), and 
[3[Ye(t,f)]a|(1/°‘) is an estimate of STFT of Y(f) 0t is a 
parameter such that if ot<1, the processing is performed in a 
compressed domain and this has the effect that segments 
With loW signal-to-interference ratio (SIR) Will be com 
pressed more and subtracted more than regions of high SIR, 
and [3 is a parameter that determines the amount of suppres 
sion. In one embodiment, the values of ot=0.8 and [3=1 
yielded more desirable results. These values, hoWever, are 
exemplary and not intended to be limiting, as other values of 
0t and [3 may be employed. 

[0049] Resynthesis 
[0050] The resynthesis step involves using the short-time 
phase of y(t) and the short-time magnitude of the clean 
speech signal in the frequency domain to reconstruct the 
estimate of the clean speech signal se(t), by inverse short 
time transform. Next, a band-pass ?lter (70 HZ<f<8 kHZ) is 
applied to se(t) to remove out-of-band residuals. 

[0051] Target Signal Detector and Signal Decorrelation 

[0052] FIG. 5 is a block diagram of a system 500 having 
a frequency channel K, and illustrating the target signal 
detector for detecting a target signal (speech) in accordance 
With one embodiment of the present invention. 

[0053] Subchannel K comprises ?lters 502, 504 represent 
ing an estimate of the acoustic responses hLk and hRk in 
frequency channel K, ?lters 502, 504 receiving loudspeaker 
signals xLk, xRk, subtractor 506 for subtracting interference 
estimates yekl, yek2 from the microphone output signal yk, 
and the error ek betWeen the microphone input yk and the 
interference estimates yekl, yekz. 

[0054] After the adaptation (or calibration) step has been 
performed, the ?lters hLk and hRk represent an estimate of 
the acoustic responses in frequency channel K. In the 
absence of the target signal, When the user not speaking, 
(s(t)=0), the error ek betWeen the microphone input yk and 
the interference estimate yek is very small (ideally Zero), 
Where the interference estimate is given by yek=xLk*hLk+ 
xRk’khRk. The total error ek at the output system Will consist 
of the sum of the errors, i.e. E=Zk ek. Three possible 
situations Will cause this total error to increase namely, (1) 
the target signal is present and the acoustic environment has 
not changed, (2) no target signal is present but the acoustic 
environment has changed, and (3) the target signal is present 
and the acoustic environment has changed. 

[0055] Since the adaptation occurs only during non 
speech intervals, adaptation is performed When condition (2) 
occurs. It should be observed that the value E is not 
employed as a criterion for deciding When to perform or 
discontinue the adaptation process. HoWever, if the adaptive 
algorithm could be fast enough to track changes in the 
acoustics, the error under condition (2) Would be smaller 
compared to errors under conditions (1) and (3), and Would 
be a reliable target signal indicator. One technique for 
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enabling the adaptive algorithm to track changes faster is to 
increase its forgetting factor. That is, disregarding the 
longer-term statistics, Which causes the acoustic path esti 
mates to be very noise and unreliable. 

[0056] If the values of hLk and hRk using information 
Within a very short time WindoW (1-3 frames) Were esti 
mated, the instantaneous error may be driven to Zero during 
condition But the values of hLk and hRk Would change 
drastically from frame to frame, depending on the current 
values of the loudspeaker signals. While this fast algorithm 
Would perform poorly during intervals of target signal 
activity (since the acoustic path estimate are erroneous), it 
accurately detects target signal activity. Therefore, in a ?rst 
embodiment, this fast algorithm runs simultaneously With 
the RLS algorithm, the fast algorithm being used to control 
the behavior of the RLS algorithm. 

[0057] Fast Adaptive Algorithm 

[0058] At each frequency band, the error betWeen the 
microphone signal yk(n) and an estimate yek(n) derived as 
the sum of the loudspeaker signals in that frame is mini 
miZed, each multiplied by a gain factor: 

[0059] Where the gains are obtained by solving a 
system of linear equations involving three frames of 
the loudspeaker signals, i.e. 

[0062] This is equivalent to solving a one-tap Wiener ?lter 
using very short-term statistics (3 frames). When the target 
signal is present and has signi?cant energy in band k, the 
estimate yek(n) is inaccurate. OtherWise, the estimate is high 
accurate. The complexity of this algorithm is medium, since 
it requires the computation of an outer product and the 
inversion of a [2x2] matrix, but this is done at each frame 
and every subband. The algorithm takes advantage of the 
buffering and data structure already implemented for the 
RLS algorithm. 

[0063] Metrics are used to determine the accuracy of the 
estimate generated by the fast algorithm. One metric is to 
compute the correlation coefficient betWeen the spectral 
estimate and the microphone input for a range of frequencies 
from 200 HZ to 10 kHZ. The correlation coef?cient is 
computed on the complex sequences representing the STFT 
of estimate and microphone input. In one sense, it is a 
similarity measure betWeen these tWo sequences of complex 
numbers. After the similarity measure is computed, a hys 
teresis detector is applied to decide if the target signal is 
present. The values of the thresholds Were set based on 

experimental observation (ThL=0.96 and ThH=0.99). 
Improved detection may be obtained by setting temporal 
thresholds. 
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[0064] FIG. 6 are graphs shoWing changes in Weight 
trajectories for shakers utiliZed to resolve the non unique 
ness problem. As noted, non-uniqueness problem (NUP) in 
channel identi?cation affects the performance of multi 
channel acoustic echo cancelers. The problem appears only 
When there is some correlation among the loudspeaker 
signals. Thus, a Way of reducing the problem is to de 
correlate these outputs. One approach for resolving this 
problem is to distort or perturb the loudspeaker signals in 
such a Way as to reduce their correlation. 

[0065] This is acceptable as long as the distortion is not 
audible. The perturbation methods are referred to as “shak 
ers” for de-correlating the loudspeaker signals. Typically, 
audio materials delivered by loudspeakers can be either 
stereo or panned mono. If the system has adapted to a mono 
signal, the abrupt change to a stereo signal Will result in a 
small period of increased interference (due to the mismatch 
betWeen the true paths and the previous incorrect solution.). 
The present embodiment has a fast adaptation rate and is 
unaffected by this problem. Nevertheless, various embodi 
ments of shakers Will be disclosed. 

[0066] Experiments 

[0067] The present experiments consist of running a 
panned mono signal, folloWed by a stereo signal, and back 
to a mono signal Within system 300 (FIG. 3). To obtain 
maximum correlation during the ?rst “mono” section, a 
White Gaussian Noise sequence With duration of 4 seconds 
Was employed. After the ?rst mono signal, a stereo signal 
With tWo independent WGN sequences (maximally de 
correlated) Were utiliZed for 4 seconds, then sWitched back 
to the mono condition. The various shakers Were applied to 
these test signals in order to obtain the loudspeaker signals. 
To simulate the acoustic paths We employed tWo 5th-order 
IIR ?lters With smooth frequency responses. The loud 
speaker signals xL(t) and xR(t) Were numerically convolved 
With their respective paths and added together to simulate 
the microphone input. 

[0068] The microphone input Was then processed Within 
system 300. The system parameters used Were )»=0.99, ot=1, 
[3=1, and 3-tap long sub-band temporal ?lters. For each 
shaker condition, the Weight trajectories and the residual 
signal Were computed. The result of using the different 
shakers Was obtained analyZing the Weight trajectories and 
the residual interference. 

[0069] Shakers 

[0070] Four different shakers Were used in this experi 
ment. The folloWing is a list of the shakers and the param 
eters used. These parameters Were selected by processing 
speech and music samples until the distortion became in 
perceptible. 

[0071] 1) Amplitude modulation: modulate carrier With 
x(t) (a=0.05 and f=32.5 HZ). 

[0072] xL(t)=x(t) [1+a cos(2s'cfLt)] and xR(t)=x(t) 
[1+a sin(2s'cfRt)] 

[0073] 2) Non-linear distortion: half-Wave recti?cation 
(ot=0.15) 
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[0075] 3) Random panning: pan mono signal at random 
intervals (a=0.02). 

[0077] 4) Additive masked noise: add masked noise at —30 
dB SNR level 

[0078] XL(t) X(t)+nL(t) and XR(t)=X(t)+nR(t) 
[0079] Results 

[0080] The ?rst evaluation consisted of observing the 
change in the Weight trajectories When the audio Was 
sWitched from mono/stereo/mono (FIG. 6). FIG. 6 shoWs 
the trajectory of the center taps of the left 602 and right 604 
sub-band temporal ?lters at a designated sub band (f=3.8 
kHZ). Similar results Were observed at all other sub-bands. 
In this experiment, it is assumed that the true values of the 
coef?cients Were attained after the ?rst 5 seconds, since the 
maximally de-correlated signal started at t=4 s. 

[0081] In all cases, it Was observed that the Weights did not 
reach their true value during the ?rst four seconds, the 
monaural case. When no shaker Was added, it Was observed 
that the left and right coefficients Were identical, and equal 
to the average of the true left and right values. HoWever, 
When a shaker Was included, the Weights moved toWard the 
true values, although not reaching them completely. All of 
the shakers shoWed someWhat comparable performance and 
this same trend Was observed at all frequencies. It is also 
interesting to note, that after the Weights reached the true 
values and the loudspeaker signals Were sWitched back to 
panned mono, the Weights remained in the correct location, 
even Without shaker. Therefore, the three neW linear shakers 
disclosed are someWhat comparable to the non-linear tech 
mque. 

[0082] Advantageously, unlike conventional AEC sys 
tems, the present invention functions in a domain other than 
the time domain so that robustness to small changes in the 
acoustic responses and better stability during estimation of 
acoustic responses are achieved. 

[0083] Further, the control of sound quality vs. suppres 
sion based on parameter selection (0t, [3, etc.) is possible. In 
addition, small ?lters result in loW-dimension matrices With 
better condition numbers, and sub-band architecture alloWs 
frequency-selective processing. Also, the present invention 
permits an analysis stage compatible With other algorithms 
(additive noise suppression, reverberation reduction, etc.). 

[0084] In this manner, the present invention provides a 
system for suppressing multi-channel acoustic echoes and 
interferences. While the above is a complete description of 
eXemplary speci?c embodiments of the invention, additional 
embodiments are also possible. The present invention is not 
limited to stereophonic systems With tWo loudspeakers, and 
can include multiple loudspeakers receiving signals from 
multiple communication channels. Signals may be transmit 
ted through one or more communication channels for output 
by tWo or more loudspeakers. Moreover, the present inven 
tion is applicable to a single desktop environment such as 
When a user is interacting With the desktop environment 
during a game session, for eXample. 

[0085] Therefore, the above description should not be 
taken as limiting the scope of the invention, Which is de?ned 
by the appended claims along With their full scope of 
equivalents. 
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What is claimed is: 
1. Amethod for suppressing an interference signal from a 

microphone output signal to produce a clean speech signal, 
the interference signal being ?rst and second loudspeaker 
signals modi?ed by ?rst and second acoustic paths through 
Which the loudspeaker signals reach a microphone, the 
interference signal combining With the clean speech signal 
to form the microphone output signal, the method compris 
mg: 

determining an acoustic response for each of the ?rst and 
second acoustic paths in a frequency domain; 

determining an estimate of the interference signal in a 
frequency domain using the acoustic response for each 
of the ?rst and second acoustic paths; 

suppressing the estimate of interference signal from the 
microphone output signal to obtain the clean speech 
signal in the frequency domain; and 

translating the clean speech signal into time domain. 
2. The method of claim 1 further comprising estimating a 

delay for synchroniZing the microphone output signal With 
the ?rst and second loudspeaker signals. 

3. The method of claim 1 Wherein the clean speech signal 
contains pauses of nonspeech intervals, and the step of 
determining the acoustic response is performed during a 
pause. 

4. The method of claim 1 further comprising decorrelating 
the ?rst and second loudspeaker signals prior to the step of 
determining an acoustic response. 

5. The method of claim 1 Wherein the step of determining 
an estimate of the interference signal comprises decompos 
ing each of the ?rst and second loudspeaker signals into ?rst 
and second frequency signals, respectively. 

6. The method of claim 5 further comprising modifying 
the ?rst frequency signal by the acoustic response of the ?rst 
acoustic path to obtain a ?rst interference estimate. 

7. The method of claim 6 further comprising modifying 
the second frequency signal by the acoustic response of the 
second acoustic path to obtain a second interference esti 
mate. 

8. The method of claim 7 further comprising combining 
the ?rst interference estimate and the second interference 
estimate to obtain a magnitude of the interference signal. 

9. The method of claim 8 Wherein the step of suppressing 
the interference signal comprises subtracting the magnitude 
of the interference signal from a magnitude of the micro 
phone output signal. 

10. The method of claim 1 Wherein the step of determin 
ing an acoustic response comprises generating a sequence of 
White noise signals for output through the ?rst and second 
loudspeakers. 

11. In a communication system having a transducer for 
receiving a clean speech signal from a user, and having ?rst 
and second loudspeakers for providing an output signal to 
the user, the output signal containing ?rst and second 
loudspeaker signals Which interfere With the clean speech 
signal traveling through ?rst and second acoustic paths to 
reach the transducer, the transducer receiving an input signal 
containing the ?rst and second loudspeaker signals and the 
clean speech signal, a method of obtaining the clean speech 
signal, the method comprising: 
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performing a short-time Fourier transform (STFT) on the 
input signal to obtain at least one frequency compo 
nent; 

performing a short-time Fourier transform (STFT) on the 
?rst and second loudspeaker signals to obtain ?rst and 
second frequency components, respectively; 

summing the ?rst and second frequency components to 
obtain an interference sum; and 

subtracting the interference sum from the at least one 
frequency component to obtain the clean speech signal 
for translation into a time domain. 

12. The system of claim 11 further comprising modifying 
the ?rst frequency component With a transfer function of the 
?rst acoustic path, prior to the step of summing the ?rst and 
second frequency components. 

13. The system of claim 12 further comprising modifying 
the second frequency component With a transfer function of 
the second acoustic path, prior to the step of summing the 
?rst and second frequency components. 

14. In a communication system having a local micro 
phone for transmitting signals to a remote user through a 
communication channel, and ?rst and second local loud 
speakers for receiving signals from the remote user via the 
communication channel, the microphone receiving a micro 
phone output signal comprising a clean speech signal from 
a local user and an interference signal from the ?rst and 
second loudspeakers, a system for suppressing the interfer 
ence signal, the system comprising: 

a ?rst transform module performing a short-time Fourier 
transform (STFT) on the ?rst loudspeaker signal to 
obtain a ?rst frequency sub-band signal; 

a second transform module performing a short-time Fou 
rier transform (STFT) on the second loudspeaker signal 
to obtain a second frequency sub-band signal; 

a third transform module performing a short-time Fourier 
transform (STFT) on the microphone output signal to 
obtain a third frequency sub-band signal; 

a subtractor module subtracting the ?rst and second 
frequency sub-band signals from the third frequency 
sub-band signal to obtain a clean speech signal; and 

an inverse short-time Fourier transform (ISTFT) module 
translating the clean speech signal into time domain. 

15. The system of claim 14 further comprising a ?lter 
module modifying the ?rst frequency sub-band signal using 
an acoustic response of the ?rst acoustic path, and for 
modifying the second frequency sub-band signal using an 
acoustic response of the second acoustic path. 

16. The system of claim 14 further comprising an adder 
for summing the ?rst and second frequency sub-band signals 
to obtain a magnitude of an interfering signal. 
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17. The method of claim 14 further comprising an adap 
tation module estimating an acoustic response of the ?rst 
acoustic path, and for estimating an acoustic response of the 
second acoustic path. 

18. An acoustic echo suppression method comprising: 

receiving an input signal containing ?rst and second 
acoustic echo signals and a clean speech signal; 

transforming the ?rst and second acoustic echo signals 
into ?rst and second frequency domain signals; 

determining a sum of magnitudes for each of the ?rst and 
second frequency domain signals; 

transforming the input signal into a third frequency 
domain signal; 

determining a sum for the magnitude of the ?rst frequency 
domain signal and the second frequency domain signal; 

determining a magnitude of the third frequency domain 
signal; and 

canceling the ?rst and second echo signals by generating 
a difference signal betWeen the sum of the magnitudes 
for each of the ?rst and second frequency domain 
signals and the magnitude of the third frequency 
domain signal, the difference signal being transformed 
into a time domain signal to obtain the clean speech 
signal. 

19. The method of claim 18 further comprising estimating 
a delay for synchroniZing the microphone output signal With 
the ?rst and second loudspeaker signals. 

20. The method of claim 18 Wherein the step of deter 
mining a sum of magnitudes for each of the ?rst and second 
frequency domain signals further comprises obtaining an 
acoustic response of ?rst and second acoustic paths. 

21. The method of claim 18 further comprising modifying 
the ?rst echo signal by the acoustic response of the ?rst 
acoustic path to obtain a ?rst interference estimate for the 
?rst loudspeaker signal, and modifying the second fre 
quency signal by the acoustic response of the second acous 
tic path to obtain a second interference estimate for the 
second loudspeaker signal. 

22. The method of claim 1 Wherein the step of determin 
ing the acoustic response comprises generating a sequence 
of White noise signals for output through the ?rst and second 
loudspeakers. 

23. The method of claim 4, Wherein the step of decorre 
lation is carried out by any one or more of amplitude 
modulation, random panning and adding additive noise. 


